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SUMMARY 

When mixing ihe sound for television programmes, artificial reverber- 
ation is often added. During recent experimental productions of television with 
stereophony, it was found that the relative level of the reverberation varied in 
stereo with the position of the sound source in the stereo stage. The level did not 
however vary in mono. The reasons for this effect are analysed and various 
alternative methods for balancing artificial reverberation are described to 
provide opera! ional flexibility for the different types of programme material. 
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1. INTRODUCTION 

Artificial reverberation, from a reverberation 
plate or an electronic device, is often added when 
mixing the sound for television programmes. In re- 
cent post-production sessions for BBC experimental 
television programmes with stereophony, an un- 
desirable imbalance between the artificial reverbera- 
tion and the source sound has been observed, 
making it difficult to achieve a uniform distribution 
of reverberation across the stereo stage. The effect 
has been found to occur most often in drama and, 
to a lesser extent, in opera. This Report analyses the 
reasons for this and suggests approaches for dealing 
with it, 

2. DESCRIPTION OF THE IMBALANCE EFFECT 

The effect may be illustrated by an example 
from a scene in a recent operatic production for 
television. Three singers, comprising two sopranos 
on either side of a tenor, were singing an ensemble. 
The trio was recorded by an M, S pair of micro- 
phones, the 'M' microphone having a cardioid 
characteristic directed at the centre of the group, 
i.e. the tenor and the 'S' microphone having a 
figure-of-eight characteristic directed laterally. The 
M, S microphone signals were decoded by a sum 
and difference network to form "left" (L) and "right" 
(R) signals for reproduction on stereo loudspeakers. 
The M signal was fed to the artificial reverberation 
device from which two, nominally uncorrelated, 
stereo output signals were added to the L and R 
signals. 

The imbalance of reverberation occurred as 
follows. When monitoring in stereo, if the level of 
the reverberation was balanced for the tenor voice 
(on axis), the two sopranos who were off-axis 
sounded "dry", i.e. lacked reverberation. Con- 
versely, if the reverberation was balanced for the 
sopranos, the tenor had too much reverberation. 
The imbalance was exacerbated if the level of the 
M signal was reduced relative to the S signal in the 
sum and difference network for generating the L 
and R signals. 

Monitoring in mono, however, this difficulty 
did not arise and the reverberation was uniform 
with source azimuth. 

The reason for the variation in stereo is that 



the perceived levels of the sound source and the 
artificial reverberation both vary with azimuth, but 
in different ways. The manner in which this occurs 
is explained in the next section. 

3. ANALYSIS 

This section analyses the levels of the various 
sounds as a function of the azimuth 6. 6 is measured 
anti-clockwise and ^ = corresponds to the for- 
ward facing direction of the M (cardioid) micro- 
phone. 

For an M. S microphone pair, the microphone 
signals are given by 



and 



M ^ I + cosO 



S = sin 6* 



These levels are relative and it is understood that 
they are modulated by the sound source. It will be 
assumed that, as is usual practice, the reverberator 
has a single input and stereo outputs. 

3.1. Mono Monitoring 

When monitoring in mono, the level of the 
reproduced sound is proportional to M. The rever- 
berator is fed with the M signal and consequently, 
the reverberation level is also proportional to M. 
Thus, the level of the reverberation relative to that 
of the sound source is constant and independent of 
the source azimuth. This is usually the desired 
condition. 

Analytically, this may be expressed as follows. 
The sum and difference networks generating the L 
and R signals are such that 



and 



L = ^M + S) 
"R = i(M - S) 



When monitoring in mono, L and R are simply 
added and the reproduced sound source level is 
proportional to 

L + R 

= M 



The stereo outputs of the reverberation device are 
uncorrelated so that their sum is only 3 dB greater 
than their parts. Thus, if the level of each of the two 
outputs of the reverberator is aM (where a is a 
constant), then when monitoring in mono, the level 
of the reverberation relative to that of the sound 



source is 



VTaM 
L + R 

= v^a 



(1) 



i.e. independent of ^. 



2a 



1 + 



tan' 



... (2) 



Fig. 1 shows the variation of f(^) with 9 for various 
values of k. The value of f[8) when ^ — is taken 
as the dB level. The attenuation shown is thus 



m 

f(0) 



1 



1 i 2^ 

l+^tan^2 



.(3) 



3.2. Stereo Monitoring 

In stereo, the level of the reproduced sound is 
proportional to 



where 



and 



M' + R^) 



L = ^M + S) 



R = i(M - 5) 



Under some circumstances. M is changed in level 
relative to S in order to alter the stagewidth and the 
balance of the sound sources. This may be expressed 
by a factor k, whereby 



and 



L = ^kM + 5) 



R = i(kM - S) 



As for mono, the level of each stereo output signal 
of the reverberator is 

akM 

and the resultant total level of the reverberation, 
when monitoring in stereo, is 

V^akM 

Under these conditions, the level of the reverbera- 
tion relative to that of the sound source, is 



no) 
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Fig. 1. Variation of reverberation with azimuth for 
stereo monitoring (single input reverberator) 



It is seen that for \0\ > 0, i.e. off-axis sources, the 
relative level of reverberation is less than that for 
on-axis sources. When k < L the effect is more pro- 
nounced and when k > 1, the effect is diluted. 

The variation is a direct result of the way the 
ear adds the powers of the left and right loudspeakers 
and the resultant level 



sJiL' + R') 



s'n 



is a non-linear function of M and S. This is in con- 
trast to the level of the reverberation which is 
linearly dependent on M and it is this misnnatch 
which causes the disparity in the balance. 
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4. DISCUSSION 

Various features of recording and balancing 
arrangements are now discussed. 

4.1. Signal Feeds to Reverberation Device 

One approach that would remedy the im- 
balance in stereo is to change the feed signals to the 
artificial reverberation device. Some reverberators 
have stereo inputs whereby the input signals are not 
simply added together but are uncorrelated. (In 
effect, this is equivalent to two input transducers 
on a reverberation plate.) In this case, the level of 
each stereo output signal of the reverberator is 
hj{l3 + R^) where b is a constant, i.e. it is propor- 
tional to the r.m.s. sum of the stereo signals. 

Monitoring in stereo, the relative level of the 
reverberation to the sound source is then 

vU' + R') 

and is thus independent of the source azimuth. 

However, this approach alters the mono 
balance. Having achieved a uniform reverberation 
in stereo, the relative level of the reverberation to 
that of the sound source when monitoring in mono 
is 



tan' 



Thus, the imbalance is transferred to the mono 
mode. The effect is reversed and the level of the 
reverberation is increased, rather than decreased as 
for the original case, as the source moves off-axis. 
In drama, this may actually be a desirable charac- 
teristic, but it is not necessarily so for other types of 
programme. 

4.2. A, B, and M, S Microphone Pairs 

In productions of television stereo, M, S 
microphone pairs tend to be preferred to the more 
traditional A, B (or left, right) pairs for reasons of 
operational convenience. In principle, the two types 
should have similar directional properties if the 
microphones have the appropriate characteristics. 
Thus, if 



= b J 1 + 



and 



M = 1 + cos I 
S = s'inO 



then 



and 



L = A = 



R = B = 



72LV2 



J2 



./2 



+ cos{e - 45°) 



+ cos(^ + 45") 



i.e. A and B should have 135° hypercardioid charac- 
teristics directed at ±45^ respectively. 

If the characteristics of the A, B microphones 
are altered, the variation of the reverberation level 
is also altered. 



Let 



and 



A = p + cos(^ - 45") 
S = p -F cos(6i + 45") 



A and B are then still directed aX 6 = ±45° but 
their characteristics are determined by p. When the 
inputs of the reverberator are linked together, the 
variation of the relative reverberation level (given 
by Equation 3) b^omes 

1 



V(l + S^IM^) 



1 



1 +— ^ 



sin ^6? 



(v'2p + cos^)^ 



Table 1 shows the ratio of fi(^)/f(0) for 6 = 90° for 
various microphone characteristics. As before, 
when the characteristic is 135° hypercardioid, the 
loss is 3 dB. If the characteristic is cardioid, the loss 
is reduced to 1-8 dB and if it is figure-of-eight, the 
loss is infinite. Thus a cardioid pair slightly reduces 
the variation of reverberation, but at the expense of 
reduced rearward rejection by comparison with the 
hypercardioid pair. In the recording of television 
programmes, this may be considered unacceptable. 



Table l- 



-Ejfect of Microphone Characteristics on 
Variation of Reverberation 
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Microphone Type 


f(90°) 
f(0) 


M 




1 

V2 
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135° Hypercardioid 
Cardioid 


— 00 

-3dB 

-l-8dB 


cos 6 

1 -1- cos ^ 

^/ 2 + cos e 



A further factor is that a cardioid pair could 
conveniently be used only in A, B form since the M 



characteristic of the corresponding M, S pair would 
have to be ( ,^^2 + cos 6^) and this is not generally 
available. However, notwithstanding these reserva- 
tions, this method should reduce the variation of 
reverberation with the sound source azimuth. 



4.3. Compatibility between Mono and 
Stereo 

Equations 1 and 2 show the relative levels of 
reverberation in mono and stereo. When k = 1, 
the two are the same only when 6 = 90°. For smaller 
angles of 6', the reverberation is greater in stereo and 
when ^ - 0° the difference is 3 dB. Experience sug- 
gests that, subjectively, a slightly greater degree of 
reverberation is actually desirable in stereo. On this 
basis, compatibility between mono and stereo 
should be reasonably good for on-axis sources, but 
perhaps less so for off-axis sources. 

5. OPTIMUM BALANCING METHODS 

From the previous discussion, it is clear that 
there are conflicting requirements between the 
mono/stereo balance, the primary sound source 
balance and the balance of the reverberation. Under 
extreme conditions, all the requirements cannot be 
met at the same time. The most appropriate balanc- 
ing method depends on the particular type of pro- 
gramme and it is desirable therefore to give the 
greatest flexibility possible to the sound supervisor 
who can then judge the best means of creating and 
balancing the artificial reverberation. 

The various balancing methods and their 
effects may be summarised as follows : 

a) With the current method of balancing artificial 
reverberation in the BBC, the inputs of the rever- 
berator are linked together. In mono, this gives a 
uniform level of reverberation with azimuth, but in 
stereo the reverberation level is reduced for off-axis 
sources. For extreme azimuths of t^l near 90°, the 



level drop in stereo is most pronounced. Moreover, 
small values of k (given when the mono level of the 
M, S pair is reduced significantly) further accentuate 
this reduction. 

b) If a reverberation unit with two uncorrelated 
inputs is fed with the stereo L and R signals, then 
in stereo the reverberation level is uniform with 
source azimuth but in mono it increases for off-axis 
sources. The effect is again accentuated by large 
values of |^| and by small values of k. 

c) A half-way condition is achieved by blending 
the otherwise uncorrelated L and R inputs of the 
reverberator mentioned (b) above, as shown in 
Fig. 2. In this case, the variation of the reverberation 
level is distributed between the mono and stereo 
modes. The amount of blend would be adjusted to 
suit, but might typically be 6 dB. The input feeds 
would then be 



and 



L = L + 0-5R 
R' = R + 0-5L 



d) Another approach is to use cardioid micro- 
phones in an A, B configuration instead of the more 
generally favoured M. S pair. With a reverberator 
with a single, mono input (as in (a) above), the varia- 
tion of reverberation level in stereo is reduced. How- 
ever, the back rejection of unwanted sources (e.g. 
camera noise) is also reduced and the stagewidth is 
altered by comparison with an M, S pair. Other 
microphone types (e.g. hypercardioid) introduce a 
further variable. Thus, there are several factors to 
be taken into consideration with this approach. 

Discussions with BBC television sound super- 
visors have suggested a flexible practical arrange- 
ment in the production areas. This would consist of 
having two echo-send lines to a reverberator with 
stereo inputs. These would normally be commoned 
internally on the jackfield and independent inputs 
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would be provided by overplugging with break- 
jacks (overplugging causes the internal links of the 
jackfield lo be disconnected). Blending of the echo- 
send signals would be effected on the mixing desk. 
In this way, any of the approaches (a) to (d) des- 
cribed above could be readily selected according to 
the particular nature of the production. 

6. CONCLUSIONS 

The balance of artificial reverberation as a 
function of source position depends on the micro- 
phone technique and the way the reverberator is 
used. Various balancing methods used in television 
production and their effects have been described 
and analysed but, for unavoidable reasons, no 
single approach is "ideal" for providing constant 
reverberation level with source azimuth in both 
stereo and mono. However, the "ideal" is not always 



wanted in practice and it is often desirable to exploit 
the particular idiosyncrasies of one or other of the 
available balancing methods. 

The scope of these methods is somewhat 
limited if the inputs to the reverberator are com- 
moned. To provide greater production flexibility, 
it is suggested that, when the reverberator has un- 
correlated stereo inputs, the inputs be left separated. 
This allows the sound supervisor to treat the echo 
send signals in a variety of ways and to choose the 
balancing method most suitable for the production 
in hand. 
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